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METHODS AND APPARATUS TO EXTRACT 
CODES FROM A PLURALITY OF CHANNELS 

RELATED APPLICATION 

This application is a continuation of PCT patent applica 
tion serial no. PCT/US03/31697 ?led Oct. 7, 2003. 

TECHNICAL FIELD 

The present disclosure relates to decoding systems and, 
more particularly, to methods and apparatus to extract codes 
from a plurality of channels. 

BACKGROUND 

It is knoWn to add or embed codes in broadcast audio 
and/or video and/or vertical blanking interval signals. For 
example, codes may be embedded in television and/or radio 
broadcasts and/or in pre-recorded audio or video content. In 
the ?eld of audience metering, codes can be added to audio 
and/or video signals for the purpose of, for example, identi 
fying programs and/ or the distributor(s) that are broadcasting 
the programs, identifying commercials and promotional 
announcements, and the like. 

Codes that are added to audio signals can be reproduced in 
the audio signal output by a speaker. Accordingly, these 
arrangements offer the possibility of non-intrusively inter 
cepting and decoding the codes With equipment that uses 
microphonic inputs. For example, these systems enable mea 
suring broadcast audiences by the use of portable metering 
equipment carried by panelists. 

Audio codes are inserted at loW intensities to prevent the 
codes from distracting a listener of program audio and, there 
fore, such codes can be vulnerable to various signal process 
ing operations. Consequently, these approaches to encoding a 
broadcast audio signal may not be compatible With current 
and proposed digital audio standards, particularly those 
employing signal compression methods that can reduce the 
dynamic range of a signal. Dynamic range reduction process 
ing of an audio signal may delete or damage an audio code 
inserted in the audio signal. In this regard, it is particularly 
important for an audio code to survive compression and sub 
sequent de-compression carried out by, for example, the 
DolbyTM Digital Audio Code Number 3 (AC-3) Surround 
Sound algorithm or by one of the algorithms recommended in 
the Moving Picture Experts Group (MPEG) standards (e.g., 
MPEG-1, MPEG-2, MPEG-4, and the like). 

Systems and methods for adding an inaudible code to an 
audio signal and subsequently retrieving that code in a man 
ner that is compatible With current and proposed digital audio 
standards are knoWn. In one such system, an encoder is 
arranged to add a binary code bit to a signal block by select 
ing, Within the signal block, (i) a reference frequency Within 
the predetermined signal bandWidth, (ii) a ?rst code fre 
quency having a ?rst predetermined offset from the reference 
frequency, and (iii) a second code frequency having a second 
predetermined offset from the reference frequency. The spec 
tral amplitude of the signal at the ?rst code frequency is 
increased so as to render the spectral amplitude at the ?rst 
code frequency a maximum in its neighborhood of frequen 
cies and is decreased at the second code frequency so as to 
render the spectral amplitude at the second code frequency a 
minimum in its neighborhood of frequencies. A decoder can 
be arranged to decode the binary bit. 

HoWever, the extraction of audio codes from audio signals 
in such digital-audio-compatible systems requires consider 
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2 
able processing poWer, because complicated mathematical 
operations are used for code extraction. If several channels 
exist, it may be necessary to extract the audio codes from the 
numerous channels simultaneously. For example, DOLBYTM 
Digital AC-3 Surround Sound delivers six separate (discrete) 
channels of sound. AC-3 includes left, center, and right chan 
nels across the front of the room and separate (discrete) left 
and right surround sound channels. The sixth channel is a 
LoW Frequency Effects Channel that is typically coupled to a 
sub-Woofer or the like. With six separate channels, consider 
able processing poWer may be required to extract audio codes 
from each of the channels simultaneously. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a block diagram of an example code extraction 
system. 

FIG. 2 is a block diagram of an example multiplexer of 
FIG. 1. 

FIG. 3 is a How chart of an example code extraction pro 
cess. 

FIG. 4 is a How chart of a second example code extraction 
process. 

FIG. 5 is a How chart of a third example code extraction 
process. 

DETAILED DESCRIPTION 

In the example of FIG. 1, a code extraction system 100 
receives signals from a plurality of channels 101-104. The 
channels may be audio channels, video channels or any other 
suitable channels through Which signals or information may 
be exchanged. In general, the channels 101-104 can be any 
type of communications path betWeen tWo or more devices 
that are each capable of carrying information, be it audio 
information, video information or any other information. The 
information passed through the channels 101-104 may be in 
digital or analog form. Although only four channels 101-104 
are shoWn in FIG. 1, the number of channels coupled to the 
system 100 may be as feW as one and as many as six or more. 

For example, if the channels are audio channels, a stereo 
audio system includes tWo audio channels and a DolbyTM 
surround system using AC-3 audio processing uses six audio 
channels (front left, right and center; rear left and right; and 
bass audio). 

In practice, the channels 101-104 may be generated from a 
digital television bitstream. For example, a digital television 
bitstream may be de-multiplexed into its constituent audio, 
video and metadata components. The audio component, for 
example, may then be further de-multiplexed into a number of 
audio channels. The de-multiplexing operations may be car 
ried out by a digital television, commercially-available tele 
vision reception card that may be installed into a personal 
computer (PC), or custom receiver hardWare. In the altema 
tive, the channels 101-104 may be provided by hardWare 
(e.g., a set top box) having a Sony/Philips Digital Interface 
(S/PDIF), Which is an output through Which digital audio data 
may be passed in a channeliZed format. 

Some, none, or all of the channels 101-104 may contain 
information having identi?cation codes embedded therein. 
The identi?cation codes may be, for example, audio codes. 
The audio codes may be added to an audio signal using any 
method for encoding audio signals. For example, the broad 
cast encoding methods described in, for example, US. Pat. 
Nos. 5,450,490; 5,642,111; 5,764,763; and 6,272,176, the 
disclosures of each of Which are hereby incorporated by ref 
erence in their entireties, can be used to insert or otherwise 
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encode an audio code in an audio signal. However, any 
method for encoding a broadcast signal With an identi?cation 
code can be used. By Way of example, audio codes can be 
inserted into television audio content by program creators, 
broadcasters, ?nal distributors, television netWorks, and the 
like. Although the codes could be any type of identi?cation 
codes and do not have to be audio codes, the remainder of the 
description is directed, for ease of illustration, to the extrac 
tion of audio codes contained in audio channels. HoWever, 
those having ordinary skill in the art Will readily recogniZe 
that such a description is merely an example, and identi?ca 
tion codes could be in any other channel and/or signal types 
than audio channels and signals. Accordingly, this disclosure 
should not be considered as limited to audio channels and/or 
audio codes, but as setting forth example code extraction 
systems, methods, and articles of manufacture. 
The example system 100 includes a multiplexer 106, a 

signal ranker 108, a channel selector 110, a decoder 112, an 
audio processor 114, and audio output devices 116. It Will be 
recogniZed by persons of ordinary skill in the art and Will be 
apparent from the description beloW, that the term “multi 
plexer” as used herein is a generic term that describes any 
device that can perform multiplexing and/ or de-multiplexing. 
The channels 101-104 are coupled both to the multiplexer 106 
and the audio processor 114. 

The multiplexer 106 can be any type of multiplexer that is 
capable of multiplexing and/ or de-multiplexing signals, such 
as, for example, audio or video signals. The multiplexer 106 
receives the channels 101-104 and de-multiplexes the infor 
mation in the channels 101-104. The information from the 
multiplexer 106 passes to the signal ranker 108. 

In general, the signal ranker 108 ranks the signals accord 
ing to characteristic(s) of the signals in the channels 101-104. 
The signals may be ranked though a number of possible 
different techniques disclosed herein, such as by determining 
Which channel or channels have the best signal quality. 

The ranked signals pass to the channel selector 110, Where 
a channel is selected for decoding based on the ranking per 
formed by the signal ranker 108. For example, the channel 
selector 110 may select the channel ranked highest by the 
signal ranker 108. 

Either signals selected by the channel selector 110 or codes 
extracted therefrom pass to the decoder 112, Which decodes 
the codes and outputs the same. As the decoder 112 decodes 
the codes passes thereto, the decoder 112 produces a feedback 
signal that is coupled to the channel selector 110. The feed 
back signal may be used by the channel selector 110 as an 
interrupt that causes the channel selector 110 to execute one 
or more processes described beloW. For example, the decoder 
112 may produce the feedback signal only When the decode 
quality of the codes being processed by the decoder 112 drops 
beloW a certain level. In such an instance, the channel selector 
110 may respond by looking for a higher quality channel in 
Which a code is found and coupling the code from that chan 
nel to the decoder 112 to improve the decode quality thereof. 

Collectively, the multiplexer 1 06, the signal ranker 1 08, the 
channel selector 110 and the decoder 112 extract codes from 
a plurality of channels 101-104 in environments Where mul 
tiple, potentially encoded, audio streams are present. In gen 
eral, the disclosed systems, methods, and articles of manu 
facture are con?gured to extract information codes 
dynamically from one or more channels, rather than continu 
ously decoding all of the channels simultaneously. 

Although the multiplexer 106, the signal ranker 108, the 
channel selector 110 and the decoder 112 are shoWn in the 
example of FIG. 1 as being separate devices, those having 
ordinary skill in the art Will readily appreciate that the signal 
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4 
ranker 108 and the channel selector 110 could be imple 
mented as part of the multiplexer 106. Additionally, the mul 
tiplexer 106, the signal ranker 108, the channel selector 110 
and the decoder 112 could be implemented by instructions on 
a single hardWare unit, such as a PC or the like. 

The audio processor 114 decodes the information in the 
channels 101-104 to produce audio that is coupled to the 
audio output devices 116, Which may be speakers or the like. 
For example, if there are six channels of AC-3 audio that are 
coupled to the audio processor 114 for a program having 
surround sound audio, the audio processor 114 may decode 
the six channels of information into six audio signals that are 
coupled to the six audio output devices 116. 

Although the example of FIG. 1 illustrates N channels 
being provided to the multiplexer 106, additional hardWare 
and/or softWare may be provided betWeen the channels 101 
104 and the multiplexer 106 to reduce the number of channels 
from N to a number of channels feWer than N. For example, if 
a Dolby 5.1 signal having information for six channels is 
received by a three-channel receiver, certain ones of the six 
channels may be combined by the receiver to result in a total 
of three channels of information provided to the multiplexer 
106. In such a case, the three channels of information may be 
processed to extract codes therefrom in the manner disclosed 
herein. 
An example multiplexer 206 is shoWn in FIG. 2 as includ 

ing the functionality of the signal ranker 108 and the channel 
selector 110. In the illustrated example the multiplexer 206 is 
implemented by a processor 208 and an associated memory 
210. In the example of FIG. 2, the processor 208 receives the 
channels (e.g., some or all of the audio channels 101-104) and 
the feedback signal(s) from the decoder 112. The processor 
208, Which is programmed or con?gured to carry out tasks 
described beloW, processes the channels and extracts codes 
therefrom and passes the codes to the decoder 112. The pro 
cessor 208 recogniZes the feedback from the decoder 112 and 
may use the feedback as a cue to execute certain processes or 

portions of processes. The feedback from the decoder 112 
may be an indication of loW decode quality, high decode 
quality or any other suitable metric pertinent to decoding. 
The processor 208 may be, for example, a microprocessor, 

a microcontroller, any type of PC, a digital signal processor 
(DSP) an application-speci?c integrated circuit (ASIC) or the 
like. Accordingly, the multiplexer 206 may be constructed 
completely in hardWare or in hardWare that executes instruc 
tions stored in softWare or ?rmWare. 

The memory 210 may be a programmable read-only 
memory (PROM), an erasable programmable read-only 
memory (EPROM), an electrically-erasable programmable 
read-only memory (EEPROM), ?ash memory or the like. 
Alternatively or additionally, the memory 210 may be any 
type of optical, magnetic, or electronic storage medium that is 
located either internally or externally to the multiplexer 206. 
For example, the memory 210 could be read-only memory 
(ROM), random access memory (RAM), compact disc read 
only memory (CDROM), electro-optical memory, magneto 
optical memory, or the like. The memory 210 may store, for 
example, instructions that dictate the operation of the proces 
sor 208. Additionally or alternatively, the memory 210 may 
be used to buffer the contents of one or more of the channels 
101-104. For example, as described in detail beloW, the 
memory 21 0 could be used to buffer, for example, ten seconds 
of the contents of each of the channels 101-104. 

Although shoWn as separate components in the example of 
FIG. 2, the processor 208 and the memory 210 could be 
integrated into a single component. For example, the proces 
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sor 208 and the memory 210 could be integrated into a single 
microcontroller having on-board processing and memory 
components. 
An example process that may be carried out by the proces 

sor 208 of the multiplexer 106 is shoWn in FIG. 3. In this 
example, the multiplexer 206 receives audio signals from the 
channels (block 302). The audio signals may be, for example, 
any type of signal capable of carrying audio information and 
capable of being encoded With audio codes. For example, 
each audio signal can be 16-bit sampled mono data that is 
sampled at 24 kilohertZ (kHZ) or 48 kHZ. Any number of 
audio signals can be received on any number of audio chan 
nels. In an example, separate audio signals can be received on 
each audio channel. 

The received signals are then ranked according to charac 
teristics that are correlated With audio code ?delity (block 
304). The audio signals received from the channels 101-104 
may be ranked, ordered, or otherWise graded based on one or 
any combination of characteristics or features of the audio 
signals. Characteristics according to Which the audio signals 
may be graded may include signal amplitude, signal energy, 
signal strength, signal to noise ratio (SNR), a history of a 
percentage of time that the amplitude or energy of the signals 
exceeds a threshold and the number of times an audio signal 
has been successfully decoded to yield an audio code. Alter 
natively, the characteristic used to rank signals may include 
certain aspects of the frequency spectrum of the audio signals. 

If audio signal amplitude and/ or strength of the signals are 
used to characteriZe the signal(s), any technique for determin 
ing the amplitude and/or signal strength of a signal can be 
used. Various techniques for determining signal energy are 
disclosed, for example, in U.S. Pat. No. 5,170,437, the entire 
disclosure of Which is hereby incorporated by reference in its 
entirety. Of course, other techniques for determining signal 
energy may alternatively be used. 

To rank, order or otherWise grade the signals, the charac 
teristics or features, or any combination thereof, are measured 
or otherWise determined for each received audio signal. For 
example, the amplitude of each received audio signal can be 
determined. Once determined, the characteristic(s) or feature 
(s) can be used to rank or order the audio signals. To perform 
the ranking, for example, each audio signal can be assigned a 
value, percentage or any other numerical designation that is 
equivalent to or representative of the measured value of the 
characteristic(s) or feature(s). For example, if audio signal 
amplitude is calculated for each signal, the audio signals can 
be ranked in order of, for example, largest audio signal ampli 
tude to smallest audio signal amplitude. The audio signals can 
be ranked in any increasing or decreasing order of the char 
acteristic(s) or feature(s) measured, so long as the audio sig 
nal With the largest occurrence of the given characteristic(s) 
or feature(s) can be determined relative to the next largest 
occurrence of the given characteristic(s) or feature(s), relative 
to the third largest occurrence, etc. 

The characteristics by Which the ranking of audio signals is 
performed (block 304) may be determined by the multiplexer 
206 or could be determined by any other component. In an 
example system in Which the characteristic(s) are passed to 
the multiplexer 206 by another device, the multiplexer 206 
Would then rank the audio signal based on the characteristics 
passed thereto. 

After the audio signals have been ranked (block 304), the 
multiplexer 206 selects an audio channel to be processed 
based on the rankings (block 306). The selected audio chan 
nel may be the audio channel having the signal(s) With the 
highest signal strength, the highest audio level or, more gen 
erally, the audio channel having an audio signal With the best 
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6 
ranking, regardless of the characteristic by Which the audio 
signal are ranked. As used herein, to “select” an audio channel 
is to create a communication path or connection betWeen the 
desired channel and a device. Additionally or alternatively, 
selection may mean that a particular audio channel or audio 
signal Will be further processed by the multiplexer 206. 
Once an audio channel has been selected (block 306), the 

multiplexer 206 may, optionally, buffer one or more of the 
unselected channels in the memory 210 (block 308). For 
example, the multiplexer 206 may buffer ten seconds of audio 
signals from the audio channels corresponding to the audio 
signals having the second and third highest rankings (pro 
vided that the audio channel corresponding to the highest 
ranked signal Was selected). 

Buffering audio signals from one or more unselected chan 
nels is advantageous in that, if the selected signal is of poor 
quality or does not include a detectable audio code, one of the 
buffered signals may be used as a backup. For example, if the 
multiplexer 206 searches for audio codes in the highest 
ranked channel for ten seconds and is unable to ?nd audio 
codes therein, the multiplexer 206 may, in effect, travel back 
in time and analyZe buffered 10 seconds of another audio 
channel to determine if the buffered channel included an 
audio code. Buffering may be particularly advantageous in 
situations in Which audio channels are being scanned for an 
audio code corresponding to a 15 second television commer 
cial. If the multiplexer 206 and the decoder 112 cannot ?nd an 
audio code in a selected audio channel for 10 seconds, there is 
jeopardy that the multiplexer 206 and the decoder 112 Will 
miss the occurrence of the commercial. HoWever, if ten sec 
onds of other audio channels are buffered, the multiplexer 206 
and the decoder 112 may evaluate the buffered channels for 
the occurrence of an audio code corresponding to the com 
mercial. While advantageous in certain aspects, like the other 
block of the example process of FIG. 3, the buffering (block 
308) need not be carried out and can be eliminated. 

After buffering of the unselected channels (block 308) or, if 
buffering is not performed, after the selection of an audio 
channel (block 306), it is determined if the audio signal on the 
selected audio channel includes an audio code (block 310). 
Any method for determining or otherWise detecting the exist 
ence of an audio code in an audio signal can be used to 
determine Whether at least one audio code is present. For 
example, the audio signal on the selected audio channel may 
be fully or partially decoded to determine if an audio code is 
present. Example techniques for decoding (either fully or 
partially) the audio signal are disclosed in, for example, U.S. 
Pat. Nos. 5,450,490, 5,642,111, 5,764,763, and 6,272,176, 
Which are incorporated herein by reference. 
The multiplexer 206 may itself determine if the signals on 

the selected audio channel include audio codes. In the alter 
native, the multiplexer 206 may pass the audio signal from the 
selected channel to another device (e.g., a decoder) that is 
capable of decoding or otherWise extracting audio codes from 
audio signals using such decoding methods. If performed by 
another device, the results of the detection or decoding pro 
cess can be sent or fed back to the multiplexer 206. The 
information received by the multiplexer 206 can be used by 
the multiplexer to determine Whether the audio signal on the 
selected channel includes an audio code. For example, if a 
decoded audio code is fed back to the multiplexer 206 from, 
for example, an audio code decoder (e.g., the decoder 112), 
the multiplexer 206 can determine if the audio signal includes 
an audio code. 
A ?nite period of time Will be allotted for determining if the 

selected audio channel includes an audio code. Any time 
interval that is predetermined or determined on the ?y can be 
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used, depending on the desired response of the system. If no 
audio codes are decoded from the selected audio channel 
(either by the multiplexer 206 or from feedback from the 
audio code decoder 112) Within the time interval, the multi 
plexer 206 may determine that no audio codes are present in 
the audio signal. Accordingly, the time period sets the maxi 
mum time limit by Which an audio code must be found. If an 
audio code is not found Within the allotted time period, the 
multiplexer 206 Will conclude that audio codes are not present 
on the selected audio channel. Audio codes may not be 
present in an audio signal for numerous reasons. For example, 
for television audio content, if the audio content is silent (i.e., 
there is no audio signal for certain intervals of time) or the 
audio content is not encoded With an audio code, an audio 
code Will not be present. 

If audio codes are not found Within the selected channel 
(block 312) and there are more channels remaining in the 
ranking that have not been used (block 313), control returns to 
block 306, Where another audio channel is selected. When 
another audio channel is selected (block 306), such a selec 
tion may include selecting one or more channels stored in the 
buffer or memory 210. The selection (block 306) may be 
based on the ranking that Was previously calculated (block 
304). For example, the audio channel having the second high 
est rank may be selected. If the channel having the second 
highest rank does not include an audio code (block 310), the 
third-ranked audio channel may be selected, and so on until 
an audio code is found in the audio signal of a selected audio 
channel. In other Words, control continues to loop through 
blocks 306-312 until audio codes are detected and/or every 
channel has been checked Without discovery of an audio code. 
In no audio codes are detected in any channel, control returns 
to block 302. If there are no more channels remaining the 
ranking that have not been used (block 313), control returns to 
block 302. 

Conversely, if it is determined that the audio signal does 
include an audio code (block 312), the multiplexer 206 
extracts the audio code(s) from the audio signal (block 314). 
Any method for extracting or otherWise decoding audio code 
(s) from an audio signal can be used, such as that described in, 
for example, U.S. Pat. Nos. 5,450,490, 5,642,11 1, 5,764,763, 
and 6,272,176, Which have been incorporated by reference 
herein. HoWever, any method for decoding an identi?cation 
code from a broadcast signal can be used. The audio code 
extraction can be performed by, for example, the multiplexer 
206 or the decoder 112. 
Once decoded, the extracted audio code(s) can be used by 

the multiplexer 206, the decoder 112, or passed along to any 
other device or process for subsequent processing. For 
example, the extracted audio code(s) can be optionally used 
to identify the content of the audio signals, e.g., the program 
content of a television program. For example, the extracted 
audio code(s) can be optionally used to identify a distributor 
(e. g., the ?nal distributor) of the audio signals. 
As an alternative to the process of FIG. 3, the multiplexer 

206 and, more particularly, the processor 208 of the multi 
plexer 206, may implement the example process shoWn in 
FIG. 4. The process ofFIG. 4 is similar to the process ofFIG. 
3 in as much as both processes select a channel based on 
signal characteristics and determine if any signal on the 
selected channel includes codes. If any signal includes a code, 
the multiplexer 206 extracts the code(s) and passes the 
extracted code(s) to the decoder 112 for processing. In the 
alternative, the code extraction may be carried out by the 
decoder 112. As explained beloW, the processes of FIG. 3 and 
FIG. 4 differ in hoW the audio channels are selected for 
processing. 
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The example process of FIG. 4 begins by monitoring sig 

nals on the channels (block 402). For example, separate audio 
signals can be monitored on each channel. As Will be readily 
appreciated by those having ordinary skill in the art, any 
number of audio signals on any number of audio channels can 
be monitored. The monitoring may include monitoring the 
amplitude of the audio on a channel, monitoring the energy of 
an audio signal, monitoring the SNR (signal-to-noise ratio) of 
a particular channel, etc. 

After or While the audio signals are monitored (block 402), 
an audio channel is selected based on at least one character 
istic of the audio signals that are monitored (block 404). 
While the example process of FIG. 3 ranked audio signals, the 
example process of FIG. 4 need not rank or order the audio 
signals. Rather, the example process of FIG. 4 may merely 
select an audio channel having acceptable monitored charac 
teristics and need not necessarily select the audio signal or 
channel having the best ranking. 

After an audio channel is selected (block 404), signals on 
one or more of the unselected channels may be buffered 

(block 406). As described in conjunction With the example 
process of FIG. 3, buffering is advantageous, but not neces 
sary. If, hoWever, buffering is performed (block 406) the 
multiplexer 206 may, as described beloW, later use the buff 
ered information to effectively go back in time to determine 
any codes that may have been missed While the multiplexer 
206 Was monitoring a channel including information that did 
not include a code(s) or included a code(s) of poor quality that 
could not be decoded. 

After the audio channel has been selected (block 404) and 
any optional buffering is performed (block 406), it is deter 
mined if the audio signal on the selected audio channel 
includes one or more audio codes (block 408). If audio codes 
are not present (block 410) and there are more channels in the 
ranking that have not been used (block 411), a different audio 
channel is selected (block 404). The selection (block 404) 
may include selecting signals that are previously buffered 
(block 406). The operation of the blocks 404-410 Will con 
tinue to iterate until audio code(s) of acceptable quality are 
detected in the selected audio signal (block 410). Altema 
tively, if it is determined that there are no more unused chan 
nels in the ranking (block 411), control returns to the block 
402. When it is determined that audio code(s) of acceptable 
quality are present in the audio signal (block 410), the audio 
code(s) are extracted from the audio signal (block 412). The 
details of blocks 408-412 may be similar or identical to the 
details provided in conjunction With blocks 310-314 of FIG. 
3. 

A further example process for selecting audio channels is 
shoWn in FIG. 5. The example process of FIG. 5 begins When 
an audio channel is selected (block 502). The selection of an 
audio channel may be a random selection or may be an 
ordered selection that may include a ranking of the audio 
channels according to one or more particular criteria or char 
acteristic(s) of signals on the audio channels. FolloWing the 
selection of an audio channel (block 502), one or more of the 
unselected channels are optionally buffered (block 504). 
As noted With respect to the example processes of FIGS. 3 

and 4, the buffering of unselected audio channels enables the 
multiplexer 206 to access information on unselected audio 
channels, Wherein such information Was presented on the 
unselected audio channels at the same time the selected audio 
channel Was processed. Accordingly, buffering of unselected 
audio channels, Which is optional to the process of FIG. 5, 
enables the multiplexer 206 to recover codes that could have 
been missed Without the use of the buffering. 
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After channel selection (block 502) and optional buffering 
(block 504) an audio signal that is received on the selected 
channel is compared to a threshold (block 506). For example, 
any one or more of the energy, amplitude, the SNR or any 
other relevant characteristics of the selected signal of the 
selected signal is compared to corresponding thresholds for 
those characteristics. For example, the SNR and the energy of 
the selected signal may be respectively compared to SNR and 
energy thresholds to determine if the characteristics exceed 
the threshold (block 506). 

If the characteristic(s) of the audio signal do exceed the 
threshold(s) (block 508), it is determined if the audio signal 
on the selected channel includes audio codes (block 510). If 
audio codes are present in the selected signal (block 512), 
audio codes are extracted from the audio signal (block 514). 
The blocks 510-514 may be implemented in a manner similar 
or identical to the corresponding blocks in FIGS. 3 and 4. 

If the characteristic(s) of the audio signal do not exceed the 
threshold(s) (block 508) or audio code(s) are not present in 
the signal (block 512), control returns to block 502, at Which 
point another audio channel is selected. The second selected 
audio channel could be an audio channel that has been previ 
ously buffered (block 504) or could be an audio channel that 
is presently being received. The second selected audio chan 
nel is compared to a threshold (block 506) and, if the thresh 
old is exceeded (block 508), it is determined if the audio 
channel includes a signal having audio codes therein (block 
510). Control loops through blocks 502-512 until a channel is 
found that includes a signal having a characteristic that 
exceeds the threshold and includes one or more audio code(s), 
at Which point the audio code(s) are extracted (block 514). 

The example processes of FIGS. 3-5 could be started at 
particular time intervals or could be started in response to a 
stimulus. For example, upon poWer-up of the multiplexer 
206, the example processes of FIGS. 3-5 could be performed 
and an audio channel having audio codes therein could be 
selected and the audio codes could be extracted therefrom and 
passed to the decoder 112. The example processes of FIGS. 
3-5 Would not necessarily need to be executed again until the 
decoder 112 provides feedback to the multiplexer 206 to 
indicate that the audio codes being decoded by the decoder 
112 are of poor quality. Upon receiving such an indication 
from the decoder 112, the multiplexer 206 Would start one of 
the example processes of FIG. 3-5 again so that another 
channel could be selected and the audio codes could be 
extracted therefrom. 

Although certain example apparatus, methods and articles 
of manufacture have been described herein, the scope of 
coverage of this patent is not limited thereto. On the contrary, 
this patent covers all apparatus, methods and articles of 
manufacture fairly falling Within the scope of the appended 
claims either literally or under the doctrine of equivalents. 

What is claimed is: 
1. A method to extract audio codes comprising: 
receiving audio frequency signals on a plurality of audio 

channels; 
ranking the audio frequency signals based on at least one 

characteristic of the audio frequency signals; 
selecting a ?rst audio channel from the plurality of audio 

channels based upon the ranking of the audio frequency 
signals; 

determining Whether a ?rst audio frequency signal on the 
?rst audio channel includes at least one audio code; and 

extracting the at least one audio code from the ?rst audio 
frequency signal When the ?rst audio frequency signal 
includes the at least one audio code. 
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2. A method as de?ned by claim 1, further comprising 

buffering a second audio frequency signal from a second 
audio channel While determining Whether the ?rst audio fre 
quency signal on the ?rst audio channel includes the at least 
one audio code. 

3. A method as de?ned by claim 2, Wherein buffering the 
second audio frequency signal comprises buffering a prede 
termined time interval of the second audio frequency signal. 

4. A method as de?ned by claim 3, further comprising 
extracting the at least one audio code from the buffered pre 
determined time interval of the second audio frequency sig 
nal, When the second audio frequency signal includes the at 
least one audio code. 

5. A method as de?ned by claim 1, Wherein the ranking 
dependent on one or more of signal to noise ratio of the audio 
frequency signals, the amplitude of the audio frequency sig 
nals, or a number of times the audio frequency signal has been 
successfully decoded to yield an audio code. 

6. A method as de?ned by claim 1, further comprising 
identifying a content of the audio frequency signals based on 
the extracted at least one audio code. 

7. A method as de?ned by claim 1, further comprising: 
receiving a digital programming bitstream; 
de-multiplexing an audio component from the digital pro 
gramming bitstream; and 

de-multiplexing the audio component into the plurality of 
audio frequency signals on the plurality of audio chan 
nels. 

8. A system to extract audio codes comprising: 
a multiplexer to receive audio frequency signals on a plu 

rality of audio channels; 
a ranker to rank the audio frequency signals based on at 

least one characteristic of the audio frequency signals; 
a channel selector to select a ?rst audio channel from the 

plurality of audio channels based upon the ranking of the 
audio frequency signals; and 

a decoder to determine Whether a ?rst audio frequency 
signal on the ?rst audio channel includes at least one 
audio code and to extract the at least one audio code from 
the ?rst audio frequency signal When the ?rst audio 
frequency signal includes the at least one audio code. 

9. A system as de?ned by claim 8, Wherein the multiplexer 
is con?gured to buffer a second audio frequency signal from 
a second audio channel While the decoder determines Whether 
the ?rst audio frequency signal on the ?rst audio channel 
includes the at least one audio code. 

10. A system as de?ned by claim 8, Wherein the ranker 
ranks the audio frequency signals based on one or more of 
signal to noise ratio of the audio frequency signals, the ampli 
tude of the audio frequency signals, or a number of times the 
audio frequency signal has been successfully decoded to 
yield an audio code. 

11. A system as de?ned by claim 8, further comprising: 
a de-multiplexer to receive a digital programming bit 

stream and to de-multiplex an audio component from the 
digital programming bitstream, Wherein the de-multi 
plexer further de-multiplexes the audio component into 
the plurality of audio frequency signals on the plurality 
of audio channels. 

12. An article comprising a machine-accessible medium 
having a plurality of machine accessible instructions that, 
When executed, cause a machine to: 

receive audio frequency signals on a plurality of audio 
channels; 

rank the audio frequency signals based on at least one 
characteristic of the audio frequency signals; 
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select a ?rst audio channel from the plurality of audio 
channels based upon the ranking of the audio frequency 
signals; and 

determine Whether a ?rst audio frequency signal on the ?rst 
audio channel includes at least one audio code; and 

extract the at least one audio code from the ?rst audio 

frequency signal When the ?rst audio frequency signal 
includes the at least one audio code. 

13. An article as de?ned by claim 12, further comprising 
machine accessible instructions that, When executed, cause 
the machine to buffer a second audio frequency signal from a 
second audio channel While the decoder determines Whether 
the ?rst audio frequency signal on the ?rst audio channel 
includes the at least one audio code. 

14. An article as de?ned by claim 12, further comprising 
machine accessible instructions that, When executed, cause 
the machine to rank the audio frequency signals based on one 
or more of signal to noise ratio of the audio frequency signals, 
the amplitude of the audio frequency signals, or a number of 
times the audio frequency signal has been successfully 
decoded to yield an audio code. 

15. An article as de?ned by claim 12, further comprising 
machine accessible instructions that, When executed, cause 
the machine to: 

receive a digital programming bitstream; 
de-multiplex an audio component from the digital pro 
gramming bitstream; and 

de-multiplex the audio component into the plurality of 
audio frequency signals on the plurality of audio chan 
nels. 

16. A method to extract an audio code, comprising: 

selecting a ?rst audio channel from a plurality of audio 

channels; 
receiving a ?rst audio frequency signal on the ?rst audio 

channel; 
determining Whether the ?rst audio frequency signal 

exceeds a predetermined threshold of at least one char 

acteristic of audio frequency signals on the plurality of 
audio channels; and 

if the ?rst audio frequency signal exceeds the predeter 
mined threshold of the at least one characteristic of the 

audio frequency signals: 
(a) determining Whether the ?rst audio frequency signal 

includes at least one audio code; and 

(b) extracting the at least one audio code from the ?rst 
audio frequency signal. 

17. A method as de?ned by claim 16, further comprising 
buffering a second audio frequency signal from a second 
audio channel While receiving the ?rst audio frequency signal 
on the ?rst audio channel. 
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18. A method as de?ned by claim 17, further comprising: 

selecting the second audio channel from the plurality of 
audio channels, When the ?rst audio frequency signal is 
less than the predetermined threshold of the at least one 
characteristic of the audio frequency signals and the at 
least one audio code is absent from the ?rst audio fre 

quency signal; 
receiving the second audio frequency signal on the second 

audio channel; 
determining Whether the second audio frequency signal 

exceeds the predetermined threshold of at least one char 
acteristic of the audio frequency signals; and 

determining Whether the second audio frequency signal 
includes the at least one audio code. 

19. A system to extract audio codes, comprising: 

a multiplexer to select a ?rst audio channel from a plurality 
of audio channels and to receive a ?rst audio frequency 
signal on the ?rst audio channel, the multiplexer further 
con?gured to determine Whether the ?rst audio fre 
quency signal exceeds a predetermined threshold of at 
least one characteristic of audio frequency signals on the 
plurality of audio channels; and 

a decoder to determine Whether the ?rst audio frequency 
signal includes at least one audio code and to extract the 
at least one audio code from the ?rst audio frequency 
signal. 

20. A system as de?ned by claim 19, Wherein the multi 
plexer buffers a second audio frequency signal from a second 
audio channel While receiving the ?rst audio frequency signal 
on the ?rst audio channel. 

21. An article comprising a machine-accessible medium 
having a plurality of machine accessible instructions that, 
When executed, cause a machine to: 

select a ?rst audio channel from a plurality of audio chan 

nels; 
receive a ?rst audio frequency signal on the ?rst audio 

channel; 
determine Whether the ?rst audio frequency signal exceeds 

a predetermined threshold of at least one characteristic 
of audio frequency signals on the plurality of audio 
channels; 

determine Whether the ?rst audio frequency signal includes 
at least one audio code; and 

extract the at least one audio code from the ?rst audio 
frequency signal. 

22. An article as de?ned by claim 21, further comprising 
machine accessible instructions that, When executed, cause 
the machine to buffer a second audio frequency signal from a 
second audio channel While receiving the ?rst audio fre 
quency signal on the ?rst audio channel. 


